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Abstract: For micro-speakers in a closed box, commonly used nonlinear compensation 
methods only compensate the distortion caused by the force factor and the stiffness. In this 
letter, a method to compensate the distortion with consideration of the nonlinear 
mechanical resistance is proposed based on the feedback linearization criterion. The 
proposed method is further improved by minimizing the variation of the output power 
spectrum after compensation. The simulations and experiments show that the total 
harmonic distortion of the sound pressure can be reduced significantly with little influence 





Micro-speakers play an important role in personal audio devices such as mobile 
phones, laptops and tablets.1-2 When a micro-speaker operates under high excitation, 
nonlinear distortions rise considerably especially in low frequency range and deteriorate 
sound quality significantly. Nonlinear distortions of micro-speakers are caused by many 
factors such as nonlinear stiffness, nonlinear force factor, nonlinear inductance, nonlinear 
mechanical resistance, Doppler Effect and suspension creep.3-5 Usually, the force factor 
and the stiffness are the dominant factors responsible for the nonlinearities at low 
frequencies.1-5 But for micro-speakers, the mechanical resistance is also an important 
nonlinear factor, which causes significant harmonic and intermodulation distortion near the 
resonance frequency.1 
Physical modelling2 and black-box modelling2,6 are two commonly used approaches 
for modeling a loudspeaker. Physical models have been successfully used in characterizing 
loudspeakers and have better performance than the black-box models on nonlinear 
distortion reduction.2 Based on the physical models, loudspeaker nonlinear distortions can 
be predicted and compensated by inverse preprocessing of the input audio signal. However, 
accurate estimation of the model parameters is critical to achieve effective compensation 
performance.7 Several methods have been proposed to estimate the loudspeaker parameters 
by measuring the impedance curve of loudspeakers.2,8,9 System identification has also been 
used to estimate the nonlinear parameters by measuring the input voltage and voice-coil 
current.7,10,11 
Most loudspeaker nonlinearities are related directly to the geometry and the material 
properties of the motor, suspension, cone and enclosure.4 However, it is hard in practice to 
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compensate the distortions completely with only structural and material improvement. 
Many attempts have been made to reduce the nonlinear distortions using digital signal 
processing techniques.12-17 Klippel proposed a mirror filter method, which has been applied 
successfully in woofer and horn loudspeaker systems.13-14 A feedback linearization method 
was proposed to reduce the nonlinear distortion by pre-filtering the input audio signal based 
on the observed or estimated state space.17 The total harmonic distortion (THD) can be 
reduced by adjusting the initial position of the voice-coil.18 
For micro-speakers, the nonlinearity of the mechanical resistance near the resonance 
frequency is quite large,1 but none of the compensators mentioned above has taken this into 
consideration. Based on a simplified nonlinear lumped-element model, this letter proposes 
a feedback linearization compensator, which takes the nonlinear mechanical resistance into 
account. Simulation and experiments were carried out to demonstrate the performance of 
the proposed compensator.  
 
II. METHOD 
A micro-speaker in a closed box can be modeled by a simplified nonlinear lumped 
element equivalent circuit, where the nonlinearities of the force factor Bl(x), the stiffness 
Kt(x) and the mechanical resistance Rm(v) are considered.
1 The nonlinear elements depend 
on the voice-coil displacement x and the voice-coil velocity v. In the derivations, the 
nonlinearities of the voice-coil inductance Le(x) is neglected because it is very small for 
micro-speakers.1 The simplified model can be described with the following two differential 
equations, 1,9  
  e e
di dx
u R i L Bl x
dt dt
   ,  (1) 
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Bl x i m R v K x x
dt dt
     (2) 
where u is the loudspeaker driving voltage, i is the voice-coil current, Re is the voice-coil 
resistance and mt is the total moving mass. Each of Bl(x), Kt(x) and Rm(v) is modeled by a 
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,  (3) 
with b0, k0 and r0 representing the parameters at the neutral place (x = 0 or v = 0) and bj, kj 
and rj are coefficients that characterize the nonlinearities. 
Equations (1) and (2) can be rewritten in a general state space form as 
 






x f x g x
x
,  (4) 
where x = [x1, x2, x3]
T = [i, x, v]T is the state vector of the system, y is the output. h(x) and 
the components of f(x) and g(x) are defined by 
   2h xx ,  (5) 
 
 

































g x .  (7) 
The basic principle of the feedback linearization method is that an expression that 
depends explicitly on the input u is obtained by taking sufficient number of derivatives of 
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the output y with respect to time.10 The lowest order n derivative that explicitly depends on 
input u is defined as the relative degree of the system.17 The state-space transformation for 
the system can be expressed as17 
  
 
   
   
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L h L L h uT












,  (8) 
where Lfh(x) and Lgh(x) are the Lie derivatives of h(x), and recursively  f
iL h x  is the ith 
order Lie derivative.17   
The nonlinear state feedback is then given by17 
 
 
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f
1 1










 , (9) 
where q is the new input of the system. The system is also called the inverse dynamic 
system because both the linear and the nonlinear dynamic of the system are cancelled by 
means of inversion.  
With the state-space transformation, the components of the new state vector z are 
given by 
  1 2z h x x ,  (10) 
    2 f g 3z L h L h u x  x x ,  (11) 
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x x
, (13) 
where Blx and Ktx denote the first order derivatives of Bl(x) and Kt(x) with respect to x, and 
Rmx is the first order derivative of Rm(v) with respect to v. Equation (13) explicitly depends 
on u, therefore the relative degree of the system is n = 3. According to Eq. (9), the 
linearizing state feedback is given by 
  
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 
  
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 
 
.  (14) 
Equation (14) cancels both the linear and the nonlinear dynamic of the system. In 
order to obtain the desired linear dynamic (LD) behavior, the LD needs to be reintroduced 
by pre-filtering the input to the inverse dynamic controller q by a linear filter with the 
frequency response of the LD of the system.10 The desired LD are found from the nonlinear 
state-space form with all nonlinear parameter set to zero. Together with the desired linear 
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,  (15) 
where w is the input of the LD compensator. The resulting input-output description of the 
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Substituting Eq. (16) into Eq. (14), the total nonlinear compensator is fully described as
 
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The proposed compensator requires measurement of the state vector x. However, 
measuring the displacement and velocity directly is either impractical or expensive, or both. 
One solution is to simulate the states using a state observer with the input being the output 
of the compensator, which is also known as a pure feedforward compensator.10 The state 
vector is calculated by solving the first-order differential equation of Eq. (4) using 
numerical integration. 
The direct implementation of the compensator increases the signal level significantly 
near the resonant frequency. This will not only cause coloration of the output signal, but 
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also lead to overflow of the system when the amplitude of the expected excitation signal is 
high. To solve this problem, a regularization item is introduced into Eq. (18), leading to an 
improved feedback linearization compensator as 
 
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where α > 0 is a regularization coefficient that minimize the signal level variation after the 
nonlinear compensation. 
The nonlinear distortion caused by Bl(x) and Kt(x) can be compensated using the 
compensation methods designed for the woofer and horn loudspeaker systems.13,14,17 In this 
letter, an improved method is proposed by further taking the nonlinearity of the mechanical 
resistance into account. This is very meaningful for compensating the nonlinear distortion 
of the micro-speaker in a closed box since the mechanical resistance contributes 
considerably to the nonlinear distortion of the micro-speaker.1  
     
III. SIMULATIONS AND EXPERIMENTS 
Figure 1 depicts the experiment setup for measuring the THD of a micro-speaker in a 
closed box. A typical micro-speaker of size 0.9×1.6 cm2 with a resonance frequency of 840 
Hz is used in both simulations and experiments. The nonlinear parameters are estimated 
using the system identification method proposed in the Refs. 7, 10 and 11. Figure 2 depicts 
the THD simulated using all nonlinear parameters and the THD with each nonlinear 
10 
 
parameter respectively. It can be observed that Bl(x) and Kt(x) dominate the distortion at 




FIG. 1. Sound pressure THD measurement system. (a) a 0.9×1.6 cm2 micro-speaker in a 
closed box and a measurement microphone (b) micro-speaker units and a micro-speaker 
in a closed box 
 
 
FIG. 2. Sound pressure THD obtained by simulations using all nonlinearities (solid line) 
and each separated nonlinear parameters Bl(x) (dash line), Kt(x) (dash-dot line) and Rm(v) 



























When measuring the THD of the sound pressure, the distance from the micro-speaker 
to the measurement microphone is 10 cm. To validate the efficacy of the proposed method, 
the nonlinear compensation of 4 different micro-speakers of the same model are conducted 
using the parameters identified from one of them. In the experiments, the input voltage 
amplitude is 1.5 V and the regularization coefficient α is 0.55. Figure 3 depicts the THD 
measured before and after the compensation. It is clear that the THD decreases significantly 
after compensation at low frequencies. However, for the compensator using only Bl(x) and 
Kt(x), the THD rises at frequencies from 500 Hz to 800 Hz. This problem is well solved 
when Rm(v) is taken consideration in compensation. It can be clearly seen that the proposed 





FIG. 3. Sound pressure THD measured for 4 different micro-speakers without 
compensation (Without, dot line), with Bl(x) and Kt(x) being compensated (Bl-Kt, dash-
dot line), and with Bl(x), Kt(x) and Rm(v) being compensated (Bl-Kt-Rm, solid line). The 
nonlinear parameters are estimated from micro-speaker 1. (a) micro-speaker 1 (b) micro-
speaker 2 (c) micro-speaker 3 (d) micro-speaker 4. 
 
It should be noted that apart from micro-speaker 1, micro-speakers 2 - 4 are also 
compensated using the parameters identified from micro-speaker 1. Considering that the 
parameters of the micro-speakers vary from unit to unit, it is well demonstrated that the 
proposed method is insensitive to the variation of nonlinear parameters. 
 
 
FIG. 4. Power spectral density (PSD) variation of the output measured for 4 different 
micro-speakers.  
 
The power spectral density (PSD) variation of the output is measured as the difference 
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between the power spectral density with and without compensation. Figure 4 depicts the 
power spectral density variation of the 4 micro-speakers using the proposed compensator. 
It can be seen that the variation is kept at a very low level between −0.1 dB and 0.4 dB. 
Therefore the proposed compensator can significantly decrease the THD but without large 
influence on the original linear frequency response. 
In the experiments, the nonlinear distortion cannot be compensated completely. This 
is mainly caused by the non-ideal identified parameters of the target micro-speaker system. 
Furthermore, the loudspeaker system is also known to be time-varying, when it is working 
with different amplitude signal. A better nonlinear parameter estimation method should 
lead to better compensation result. The proposed nonlinear compensator can also be 




This letter proposes a feedback linearization compensator for a micro-loudspeaker in 
a closed box by taking the nonlinearity of the mechanical resistance into consideration 
because it is the dominant factor for the THD near the resonance frequency. The 
compensator is further improved by minimizing the variation of the output power spectral 
density after compensation. The experiments on 4 different micro-speakers of the same 
model demonstrate that the proposed method can effectively reduce the THD without large 





    This work was supported by National Natural Science Foundation of China (Grants 
No. 11374156 and No. 11474163) and the Fundamental Research Funds for the Central 
Universities. 
 
1W. Klippel, “Modeling the large signal behavior of micro-speakers,” In 133rd Convention 
of the Audio Engineering Society (2012), pp. 1-10. 
2Y. Björk and E. Wilhelmsson, Linearisation of micro loudspeakers using adaptive control 
(Master’s thesis, Linköping University, 2014), pp. 1-106. 
3M. R. Bai and C. M. Huang, “Expert diagnostic system for moving-coil loudspeakers 
using nonlinear modeling,” J. Acoust. Soc. Am. 125, 819-830 (2009). 
4W. Klippel, “Tutorial: Loudspeaker nonlinearities—Causes, parameters, symptoms,” J. 
Audio Eng. Soc. 54, 907-939 (2006). 
5R. Ravaud, G. Lemarquand and T. Roussel, “Time-varying nonlinear modeling of 
electrodynamic loudspeakers,” Appl. Acoust. 70, 450-458 (2009). 
6K. Lashkari and A. Puranik, “Exact linearization of wiener and hammerstein systems 
loudspeaker linearization,” In 2005 Fifth International Conference on Information, 
Communications and Signal Processing (2005), pp. 917-920. 
7W. Klippel, “Nonlinear Adaptive Controller for Loudspeakers with Current Sensor,” In 
106th Convention of the Audio Engineering Society (1999), pp. 1-18. 
8W. Klippel and U. Seidel, “Fast and accurate measurement of linear transducer 
parameters,” In 110th Convention of the Audio Engineering Society (2001), pp. 1-7. 
9Y. T. Tsai, C. C. Wang and J. H. Huang, “An inverse method for estimating the 




10A. P. Bright, F. Jacobsen, J. D. Polack and K. B. Rasmussen, Active control of 
loudspeakers: An investigation of practical applications (Ph. D. dissertation, Technical 
University of Denmark, 2002), pp. 1-203. 
11W. Klippel, “Optimal estimation of transducer parameters” U.S. Patent No. 8,078,433 (13 
December 2011). 
12I. Kenta and Y. Kajikawa, “Parameter Estimation Method Using Volterra Kernels for 
Nonlinear IIR Filters,” IEICE Trans. Fundamentals, 97, 2189-2199 (2014). 
13W. Klippel, “The mirror filter-a new basis for reducing nonlinear distortion and 
equalizing response in woofer systems,” J. Audio Eng. Soc. 40, 675-691 (1992). 
14W. Klippel, “Compensation for nonlinear distortion of horn loudspeakers by digital signal 
processing,” J. Audio Eng. Soc. 44, 964-972 (1996). 
15W. Klippel, “Direct feedback linearization of nonlinear loudspeaker systems,” J. Audio 
Eng. Soc. 46, 499-507 (1998). 
16N. Uesako and Y. Kajikawa, “Influence of nonlinear parameters in Mirror filter to 
compensation performance of nonlinear distortions,” In Proceedings of Meetings on 
Acoustics (2013), pp.1-9. 
17H. Schurer, C. H. Slump and O. E. Herrmann, “Theoretical and experimental comparison 
of three methods for compensation of electrodynamic transducer nonlinearity,” J. Audio 
Eng. Soc. 46, 723-740 (1998). 
18C. Chang, C. C. Wang, Y. C. Shiah and J. H. Huang, “Numerical and experimental 
analysis of harmonic distortion in a moving-coil loudspeaker,” Communications in 
Nonlinear Science and Numerical Simulation (2013), pp. 1902-1915. 
